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Abstract 
Frequency Domain Adaptive Filters (FDAFs) are 
an  important subject of current research in digital sig- 
nal processing. One of the main reasons is that FDAFs 
have the ability to reduce complexity, especially when 
the filter length becomes very large. In Adaptive Filter 
(AF) configurations a convolution and a correlation 
have t o  be carried out. These operations can be done 
by using overlap methods in combination with Dis- 
crete Fourier Transforms (DFTs). Two well-known 
overlap methods are the so-called overlap-save and the 
overlap-add method. In literature 111 it is stated that 
for A F  configurations the overlap-save method is to 
be preferred to the overlap-add method for complex- 
ity reasons. By introducing a new F D A F  structure 
we will show that this statement is not correct and 
that an F D A F  using the overlap-add method can be 
realized with the same number of DFTs  as the FDAF 
using the overlap-save method 
1 Introduction 
Adaptive Filters (AF) are extremely useful devices in many 
applications of digital signal processing. In this paper we 
will restrict ourselves for simplicity to the acoustic echo can- 
cellation problem of which the basic scheme is given in Fig.1. 
Signal s ( k )  is reflected via an acoustic echo path as an echo 
signal e(k). Together with the speech signal s(k), this sig- 
nal e ( k )  arrives at  a microphone. The AF has to perform 
a linear Convolution between the input signal z(k) and the 
adaptive weights to make a replica 2(k )  of the echo signal 
e(k).  Furthermore the adaptive weights are updated as long 
as there is correlation between the input signal s(k) and the 
residual signal r(k) = s(k) + e ( k )  - 2 ( k ) .  In steady state this 
residual signal will almost be equal to the signal s(k). 
In this paper we will restrict ourselves to the Frequency 
Domain Adaptive Filter (FDAF), where the transformation 
between time and frequency domain is carried out by a Dis- 
crete Fourier Transform (DFT). In this FDAF configuration 
the linear convolution (correlation) is accomplished by a cir- 
cular convolution (correlation) using special overlap meth- 
ods. Two well-known overlap methods are the overlap-save 
and the overlap-add method. In [ I ]  it is stated that for 
FDAF configurations the overlap-save method is preferable 
Fig. 1 Adaptive Fil ter in an acoustic environment. 
to the overlap-add method because it requires fewer DFTs, 
namely 5 DFTs for the FDAF configuration using the overlap- 
save method and 7 DFTs for the overlap-add configuration. 
At first sight this is a very strange result because the overlap- 
save and overlap-add methods have equal complexity for 
fixed coefficient filters. 
In this paper we will introduce a new FDAF configuration 
using the overlap-add method which has the same complex- 
ity and convergence behavior as the overlap-save configura- 
tion given in [l]. After this introducing section we review 
in section 2 the overlap-add method for fixed filter coeffi- 
cients, while furthermore a possible implementation is given 
for time varying filter configurations. In section 3 we give 
the overlap-add implementation of an FDAF with 7 DFTs, 
as proposed in [l]. In section 4 we treat the overlap-add 
method in further detail. Using these results we introduce a 
new overlap-add FDAF. In the last section conclusions are 
given. 
2 Overlap-add method 
As we mentioned before two important operations in AF 
configurations are convolution and correlation. Because of 
their similarity we will only deal with the convolution oper- 
ation using the overlap-add method in this section. First we 
will shortly review this method for fixed filter coefficients. 
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Fig. 2 a Overlap-add method performed in frequency domain. 
b Implementation of Fig. ea in adaptive filter configurations. 
After that we will give the overlap-add implementation of 
a convolution for time varying filler configurations, which 
is used in 111 for the FDAF. Fig.2a depicts the overlap-add 
method for fixed filter coefficients, which is performed in fre- 
quency domain using Discrete Fourier Transforms (DFTs) . 
In all figures signal paths with double lines refer to  paths in 
frequency domain while single lines refer to time domain sig- 
nal paths. Furthermore we choose for simplicity the overlap 
length of L samples and the number L' of augmented zero 
samples equal to the length N of the impulse response w:. 
In general we can choose L and L' more freely. The overlap- 
add method to calculate the linear convolution between the 
(infinitely long) input signal x(k) and the (finite) impulse 
response w: is as follows (see Fig. 2a): 
e Augment the impulse reponse w: with N zeros (window 
9 )  and transform this to frequency domain in Wl(m) with 
After that  for every iteration m (= 0 ,1 ,2 , .  . .): 
Select N new samples from the input signal z ( k ) ,  and aug- 
ment these by N zeros (segml), to generate a block 
1 = 0 , 1 ; . . , 2 N - l .  
( 1  1 z ( ~ N  + i )  
i = 0 , 1 , . . . , N  - 1 
i = N , . . . , 2 N  - 1. x,(m) = 
Transform this block to frequency domain which results in 
the frequency bins X f ( m )  with 1 = 0 , 1 , . . . , 2 N  - 1. 
e The convolution is performed in frequency domain by mul- 
tiplying X l ( m )  by Wl for l = 0 , . . . , 2 N  - l. 
e This result is transformed back to time domain by the in- 
verse DFT (DFT-') which results in &(m) with 
0 By performing a desegmentation (desegml) the output sig- 
nal ;(IC), with k = m N  + il is calculated as: 
Z = 0 , 1 , * . . , 2 N  - 1. 
i ( m N + i )  = 2 , ( m ) + i , + N ( m - 1 )  f o r i = O , . . . , N - - l  . (2) 
In AF configurations the adaptive weights are updated every 
iteration which implies that  they are time variant. In those 
situations the addition of &(m) and t i + ~ ( m  - l), as given in 
equation (2), is not allowed. A possible implementation of 
the overlap-add method in AF configurations is given in Fig. 
2b. We note here that the box 'T' in this figure implies a 
parallel delay over one iteration of 2N frequency bins. The 
multiplication in frequency domain of Wl(m)  has to be car- 
ried out separately with X l ( m )  and with the previous value 
X f ( m  - 1). The result of Wl(m) X , ( m  - 1) in time domain 
is circularily shifted over N samples to the left and is added 
to the result of Wl(m) . Xl(m)  in time domain which gives 
a block that contains N linear convolution samples at  the 
first N places. The desegmentation box (desegm. 2) gives 
the output signal 2 ( k )  by taking the first N samples of the 
block. 
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Fig. 3 Overlap-add implementation of an FDAF with 7 DFT’s. 
3 Overlap-add FDAF (7 DFTs) 
Using the results of section 2 and refering to [l] (fig.4, page 
1080), we give in Fig. 3 an overlap-add implementation of 
an FDAF. The convolution is performed in the dashed box 
‘CONVOLUTZON’. Furthermore, as mentioned before, the 
correlation of an ‘infinite’ signal with a ‘finite’ sequence can 
be calculated in a similar way as the convolution. For this 
we need the complexe conjugate X ; ( m )  of the input signal 
while the ‘finite’ sequence is equal to N samples of r (k ) .  
The correlation is performed in the dashed box ‘CORRE- 
LATZON’. The window g is used to take the first N samples 
and augment these with N zeros. It is obvious that the op- 
erations of the desegmentation (desegm2) and the window 
g both can be combined in window 9.  Furthermore we see 
from Fig.3 that this FDAF configuration contains 7 DFTs. 
By decorrelating the input signal the convergence speed 
can be accelerated [2]. This can be accomplished by nor- 
malizing the input power spectrum. In Fig.3 this is done by 
multiplying the frequency bins Rl(m) of the residual signal 
by the inverse of an estimate of the I t h  input power spectral 
bin p;:(m). Because this power normalization is beyond 
the scope of this paper we will not go into further detail. 
The update algorithm, for each frequency bin 1 ,  is now given 
by: 
Wi(m + 1) = Wi(m) + 2aAi(m) (3) 
where cy is the adaptation constant and A,(rrz) is a n  estimate 
of the (negative) gradient. 
4 New overlap-add FDAF (5 DFTs) 
To introduce the new structure we will first take a closer 
look to the overlap-add method separately. We will show 
here that the structure of Fig. 2b can be realized with less 
DFTs. This simplified structure is Riven in Fig. 4. 
Desegm. 2 USZl Q NLL 
Fig. 4 Overlap-add method of Fig. 26 with circular shaft 
and addition performed in frequency domain. 
29 
Authorized licensed use limited to: UNIVERSITEIT TWENTE. Downloaded on July 14,2010 at 11:53:42 UTC from IEEE Xplore.  Restrictions apply. 
First we will use the property that the cicular shift over N 
samples in time domain (Fig. 2b) is equal to multiplication 
in frequency domain by e-j’IN = e-jizIN = (-1)‘. Besides 
that the addition of Fig. 2b can be done in frequency do- 
main, which saves one DFT-’. Furthermore we can change 
places of the multiplications and addition. This results in 
Fig. 4, which is an equivalent of Fig. 2b. We note here that 
in Fig.4 only one DFT-’ is needed, whereas we needed two 
of them in fig%. 
Using the above results in the dashed boxes of the FDAF 
configuration of Fig.3 leads to the new FDAF configuration 
given in Fig.5. This new overlap-add implementation con- 
tains 5 DFTs whereas the original one (Fig.3) which was 
derived from [I] contains 7 DFTs. 
5 Conclusions 
In this paper we introduced a new FDAF configuration using 
the overlap-add method which has ‘equivalent’ complexity 
as the FDAF using the overlap-save method ( [ l ] ,  fig.2, p 
1078). Furthermore it can be shown very easily that the 
convergence properties of both structures are the same. 
Another possibility to reduce the number of DFTs of Fig. 
3 is to assume that Wl(7n) = Wi(m - l),  which will be rea- 
sonably true for small adaptation constant a. Using this 
assumption it is possible to  simplify the structure of Fig. 3 
to an ‘overlap-add FDAF’ with 5 DFTs. However the con- 
vergence properties of this scheme will be worse than the 
FDAF as given in Fig. 5 .  
As a final comment we mention that ,in the FDAF config- 
uration of Fig. 5 ,  we can further reduce the number of DFTs 
to three by using the ‘window techniques’ as introduced in 
121. 
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Fig. 5 New overlap-add FDAF with 5 DFTs. 
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